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ABSTRACT
We propose a straightforward and cost-effective method to perform
diffuse soundfield measurements for calibrating the magnitude re-
sponse of a microphone array. Typically, such calibration is per-
formed in a diffuse soundfield created in reverberation chambers,
an expensive and time-consuming process. A method is proposed
for obtaining diffuse field measurements in untreated environments.
First, a closed-form expression for the spatial correlation of a wide-
band signal in a diffuse field is derived. Next, we describe a practical
procedure for obtaining the diffuse field response of a microphone
array in the presence of a non-diffuse soundfield by the introduction
of random perturbations in the microphone location. Experimen-
tal spatial correlation data obtained is compared with the theoretical
model, confirming that it is possible to obtain diffuse field measure-
ments in untreated environments with relatively few loudspeakers.
A 30 second test signal played from 4 − 8 loudspeakers is shown
to be sufficient in obtaining a diffuse field measurement using the
proposed method. An Eigenmike
R© is then successfully calibrated at
two different geographical locations.
Index Terms— Spherical arrays, microphone calibration, dif-
fuse field measurements, and spatial correlation.
1. INTRODUCTION
Diffuse field measurements are important for calibrating and testing
the magnitude response of acoustic devices. Reverberation chambers
are often used to create a diffuse field [1, 2, 3, 4]. However, they are
expensive and may have limited availability. Alternatively, a dif-
fuse field measurement can be derived from a dense set of anechoic
measurements [5]. Such measurements are also difficult to obtain
as anechoic chambers and robotic loudspeaker mounts are expensive
and not very common. A practical solution for obtaining a diffuse
field response in regular rooms is therefore desirable.
A diffuse field is defined as an acoustic field where the energy
density is uniform in all directions [4, 6]. Spatial correlation is
an important metric for characterizing diffuse fields [3, 7, 8, 9].
While acoustic signals are wideband in nature, most existing re-
search works analyzes spatial correlation of narrowband signals in
a diffuse field, which may be restrictive in several practical scenar-
ios. Instead, we consider the spatial correlation of wideband signals
in diffuse fields.
We propose a novel method for obtaining the diffuse field re-
sponse of a microphone array in the presence of a non-diffuse sound-
field. The main contributions of this work are:
This research work is funded by Australian Research Council Linkage
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1. Deriving a closed-form expression for correlation of wide-
band signals in diffuse fields.
2. Proposing a method to produce diffuse field measurements in
a non-diffuse soundfield by perturbing the microphone array
location during data capture. Experimental results using the
proposed method are shown to agree with the theoretical re-
sults.
3. Using the proposed method for diffuse field measurement to
successfully calibrate an Eigenmike
R© at two different geo-
graphical locations demonstrating the efficiency and repro-
ducibility of the proposed method.
2. SPATIAL CORRELATION OF WIDEBAND SIGNALS IN
A DIFFUSE FIELD
Consider an array with M microphones placed at an arbitrary loca-
tion in 3D space. The p-th and q-th microphones, denoted by mp
andmq , are placed at location xp and xq in the 3D space. The spa-
tial correlation ρ (xp,xq) between the signals captured by the two
microphones is defined as [4, 7]
ρ (xp,xq) =
E
{
sp (t) s
∗
q (t)
}
E
{
sp (t) s∗p (t)
} , (1)
where sp (t) and sq (t) are the signals received at mp and mq , re-
spectively. Furthermore, we assume that sp (t) is a wideband signal
represented by
sp (t) =
1
∆ω
∫ ωmax
ωmin
∫
R
A (ŷ) e−i(
ω
c
)xp•ŷeiωtdŷdω, (2)
where • is the dot product between two vectors, ∆ω = ωmax − ωmin
specifies the bandwidth of the signal, R represents a unit sphere,
c is the speed of sound in air, ŷ is the unit vector in the direction
of signal propagation, and A (ŷ) is the gain of the signal arriving
from the direction of ŷ and is assumed to be frequency independent.
Using (2) and (1), we obtain
ρ (xp,xq) =
∫ ωmax
ωmin
∫
R
|E {A (ŷ)}|2 ei(
ω
c
)(xq−xp)•ŷdŷdω∫ ωmax
ωmin
∫
R
|E {A (ŷ)}|2 dŷdω
, (3)
which can be rewritten as
ρ (xp,xq) =
∫ ωmax
ωmin
∫
R
ξ (ŷ, ω) ei(
ω
c
)(xq−xp)•ŷdŷdω,
=
1
∆ω
∫ ωmax
ωmin
∫
R
G (ŷ) ei(
ω
c
)(xq−xp)•ŷdŷdω, (4)
where
ξ (ŷ, ω) =
|E {A (ŷ)}|2∫ ωmax
ωmin
∫
R
|E {A (ŷ)}|2 dŷdω
,
=
1
∆ω
(
|E {A (ŷ)}|2∫
R
|E {A (ŷ)}|2 dŷ
)
=
G (ŷ)
∆ω
, (5)
and G (ŷ) represents the average power gain of the signal received
from an arbitrary direction ŷ. We highlight that (4) is a general-
ized expression valid for any microphone pair and bandwidth of the
signal. The exponential term in (4) can be rewritten by using the
spherical harmonic expansion as [10]
ei(
ω
c
)(xq−xp)•ŷ = 4pi
∞∑
n=0
injn
(ω
c
‖xq − xp‖
)
×
n∑
m=−n
Ynm
(
xq − xp
‖xq − xp‖
)
Y ∗nm (ŷ) , (6)
where jn (.) is the spherical Bessel function, Ynm (.) represents the
spherical harmonics, n is the order andm is the degree of the spher-
ical harmonics. Substituting the value from (6) in (4), we obtain
ρ (xp,xq) =
1
∆ω
∫ ωmax
ωmin
∫
R
G (ŷ) 4pi
∞∑
n=0
injn
(ω
c
‖xq − xp‖
)
×
n∑
m=−n
Ynm
(
xq − xp
‖xq − xp‖
)
Y ∗nm (ŷ) dŷdω. (7)
We next simplify (7) as
ρ (xp,xq) =
4pi
∆ω
∫ ωmax
ωmin
∞∑
n=0
injn
(ω
c
‖xq − xp‖
)
×
n∑
m=−n
Ynm
(
xq − xp
‖xq − xp‖
)
βnmdω, (8)
where
βnm =
∫
R
G (ŷ)Y ∗nm (ŷ) dŷ. (9)
Assuming that the plane wave is received by the microphones mp
and mq from all directions, i.e., the field is diffuse, and β00=1, ex-
pression (8) is further simplified as
ρ (xp,xq) =
1
∆ω
∫ ωmax
ωmin
j0
(ω
c
‖xq − xp‖
)
dω,
=
1
∆ω
∫ ωmax
ωmin
sin
(
ω
c
‖xq − xp‖
)(
ω
c
‖xq − xp‖
) dω. (10)
Defining ωc = ωmin+ωmax/2, (10) can be rewritten as
ρ (xp,xq) =
1
∆ω
∫ ∆ω
2
−∆ω
2
sin
(
ω+ωc
c
‖xq − xp‖
)
ω+ωc
c
‖xq − xp‖
dω, (11)
which is expanded by using the identity sin (a+ b) = sin (a) cos (b)+
cos (a) sin (b) to obtain
ρ (xp,xq) =
1
∆ω
∫ ∆ω
2
−∆ω
2
sin
(
ω
c
‖xq − xp‖
)
cos
(
ωc
c
‖xq − xp‖
)
ω+ωc
c
‖xq − xp‖
+
cos
(
ω
c
‖xq − xp‖
)
sin
(
ωc
c
‖xq − xp‖
)
ω+ωc
c
‖xq − xp‖
dω. (12)
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Fig. 1: Linear microphone array with 16 microphones used in the
experiments. The microphone spacing is in millimeters.
Next, the integral in (12) is evaluated. Using the Taylor series expan-
sion of the term ω+ωc
c
‖xq − xp‖ and neglecting the higher powers
of ∆ω
ω
, (12) is simplified as
ρ (xp,xq) =
sin
(
∆ω
2c
‖xq − xp‖
)
∆ω
2c
‖xq − xp‖
[
sin
(
ωc
c
‖xq − xp‖
)
ωc
c
‖xq − xp‖
− 2
cos
(
ωc
c
‖xq − xp‖
)(
ωc
c
‖xq − xp‖
)2 sin2(∆ω‖xq − xp‖4c
)]
. (13)
The second term in (13) can be ignored as it decreases proportional
to ‖xq − xp‖
3 as ‖xq − xp‖ increases [6]. Accordingly, we get
ρ (xp,xq) =
sin
(
∆ω
2c
‖xq − xp‖
)
∆ω
2c
‖xq − xp‖
[
sin
(
ωc
c
‖xq − xp‖
)
ωc
c
‖xq − xp‖
]
, (14)
which is further simplified to
ρ (xp,xq) = sinc
(
∆ω
2c
‖xq − xp‖
)
sinc
(ωc
c
‖xq − xp‖
)
.
(15)
The generalized spatial correlation expression (15) is valid for wide-
band signals. Note that narrowband signals are a special case of
the expression (15), where ∆ω ≈ 0 and ωc = ω. Thus, utilizing
sinc(0) = 1, the spatial correlation function of a narrowband signal
is obtained from (15) as
ρNB (xp,xq) = sinc
(ω
c
‖xq − xp‖
)
. (16)
3. DIFFUSE FIELD MEASUREMENT WITH FINITE
LOUDSPEAKER ARRAY
Consider a compact loudspeaker array placed in an acoustically un-
treated room where each speaker produces uncorrelated bandpass
white noise. It is natural to ask how many loudspeakers are required
to produce a diffuse soundfield such that measured spatial correla-
tion (1) agrees with the theoretical result (15). A novel method is
proposed whereby the location of the microphone array is randomly
perturbed and rotated within the loudspeaker array with a view to
producing a response closer to that of a highly diffuse soundfield1 .
3.1. Experimental Setup
The loudspeaker array consisted of 26 loudspeakers mounted on the
vertices of a rhombic tricontrahedron with radius 1.8 m.2 Loud-
speakers produced uncorrelated bandpass white noise with parame-
ters ∆ω = 2pi × (4.5 − 0.5) kHz and ωc = 2pi × (4.5+0.5) kHz/2.
1A demo of the random motion for the proposed method can be viewed
at https://vimeo.com/367536785 and https://vimeo.com/367536766.
2Additional details about the rhombic triacontrahedron loudspeaker array
model “DAARRT26 1318” can be found at https://vimeo.com/361493511.
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(a) Experiment 1: Fixed mic array with 2 loudspeakers playing test
signal.
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(b) Experiment 2: Proposed method with 2 loudspeakers playing test
signal.
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(c) Experiment 1: Fixed mic array with 26 loudspeakers playing test
signal.
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(d) Experiment 2: Proposed method with 26 loudspeakers playing test
signal.
Fig. 2: Microphone distance versus spatial correlation obtained from microphone data and theoretical expression for 2 and 26 loudspeakers.
A 16-element linear microphone array with inter-element spacing
shown in Fig. 1 was used to produce pairs of spatial correlation esti-
mates with spacing between 0.016 and 0.32 m.
3.2. Experiment 1: Fixed Microphone Array
The linear microphone array was placed at the center of the loud-
speaker array and 30 seconds of data was captured using 2 and
26 loudspeakers. Fig. 2a and Fig. 2c depict microphone distance
versus spatial correlation for all microphone pairs. While the 26-
loudspeaker case follows the theoretical curve more closely than the
2-loudspeaker case, large variances are observed in the correlation
data in both cases, suggesting that 26 loudspeakers are insufficient
to produce a diffuse soundfield with a fixed microphone array.
3.3. Experiment 2 (Proposed Method): Moving Array
The conditions of Experiment 1 were repeated, except the micro-
phone array location was perturbed and rotated within the loud-
speaker array during capture. Fig. 2b and Fig. 2d shows the spatial
correlation for the proposed method with 2 loudspeakers and 26
loudspeakers, respectively. Comparing Fig. 2a and Fig. 2c with
Fig. 2b and Fig. 2d, we clearly observe that the variance of the spa-
tial correlation and deviation from the theoretical model is greatly
reduced with the proposed method. For example, for the pro-
posed method with microphone distance 0.15 m, the variance of
the microphone data is reduced by 99% compared to the fixed case.
Importantly, even with 2 loudspeakers, we observe a large reduction
in variance. In order to verify the repeatability of the method, the
experiment was repeated with a 30-loudspeaker dodecahedron array
at a different geographical locations with three different participants
who received limited instructions about movement, and similar
results were obtained. This demonstrates that the measurement ap-
proximates that of a diffuse soundfield using the proposed method
at multiple locations. Additionally, the method appears robust to
the pattern of movement since it has little impact on the results.
The test signal is received at the microphones from multiple angles
and directions using the proposed method. We obtain diffuse field
measurements as a result.
Table 1: Sum of Variances for All Microphone Distances
Fixed Proposed Method
1 Speaker 1.2311 0.0135
2 Speakers 0.2356 0.0045
4 Speakers 0.1006 0.0025
8 Speakers 0.1418 0.0026
16 Speakers 0.0697 0.0017
26 Speakers 0.0467 0.0017
3.4. Experiment 3: Restricted Loudspeaker Count
The sensitivity of diffuseness to loudspeaker count was investigated.
Table. 1 depicts the sum of variances of spatial correlations for differ-
ent number of loudspeakers. It is observed that the proposed method
using one loudspeaker outperforms the fixed microphone array with
26 loudspeakers. Furthermore, the proposed method achieves an ap-
proximate diffuse field measurement with as little as 4 − 8 loud-
speakers.
4. CALIBRATING AN EIGENMIKE
R©
Spherical microphone arrays are widely used for 3D soundfield cap-
ture [11, 12, 13, 14, 15, 16]. Equipment calibration is an important
step in soundfield capture, reproduction, and validation of soundfield
duplication for consumer device testing [17, 18, 19]. A variant of
the proposed calibration method was used in [17] to achieve a broad
spectral alignment within 1 dB. We next demonstrate the practical
significance of the proposed method by calibrating an Eigenmike R©
(SN37).
Uncorrelated pink noise was played in the 1.8 m rhombic tria-
contrahedron loudspeaker array and a diffuse field measurement was
obtained using the proposed method in Section. 3. We asked a par-
ticipant to repeat the experiment twice, once by using 2 loudspeakers
in a normal study room and once by using 26-loudspeaker array in
a semi-anechoic room. The movement pattern of the Eigenmike
R©
was completely different in the two experiments. Fig. 3 depicts the
consistency and repeatability of the two measurements. For this plot,
the mean magnitude response of all 32 microphones was subtracted
from individual microphone magnitude responses. Importantly, the
magnitude responses in the two experiments are within 0.2 dB. The
same behaviour were observed in all the remaining 30 microphones.
The Eigenmike
R© release notes specify that the magnitude re-
sponses from all the microphones are trimmed at 1 kHz [20]. Our
tests indicate that the Eigenmike R© trim at 1 kHz has a drift of ap-
proximately 1.7 dB. After calibration, the magnitude responses at
1 kHz for all the microphones were within 0.26 dB. The proposed
method applies calibration throughout the spectrum rather than trim-
ming at a specific frequency. After calibration, the magnitude re-
sponses of all microphones were within 0.5 dB for majority of the
spectrum. We calibrated the Eigenmike
R© at a different geographical
location and obtained similar results.
5. CONCLUSION
We proposed a method for microphone calibration by taking a
diffuse field measurement with a few loudspeakers. We demon-
strated the effectiveness of the proposed method by calibrating an
Eigenmike
R© with a 26-speaker array in a semi-anechoic room and
with 2 speakers in a study room and achieving similar results. With
the proposed method, it is possible to calibrate a microphone array
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Fig. 3: The Eigenmike
R© magnitude response offset for Mic 11 and
Mic 27 using 2 loudspeakers and 26 loudspeakers demonstrating re-
peatability of the proposed method in different environments.
such that the magnitude responses of all microphones are within
0.5 dB for majority of the spectrum. We demonstrated that as little
as 4 − 8 loudspeakers playing uncorrelated noise are sufficient to
achieve a diffuse field measurement for microphone calibration.
The proposed microphone calibration method is simple and cost-
effective and can be performed in non-anechoic environments. The
proposed method can greatly reduce the time and effort required in
calibrating microphone arrays.
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